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METHOD FORTRANSMITTING OFA 
MULT-CHANNEL DATASTREAM ON A 

MULTI-TRANSPORT TUNNEL, 
CORRESPONDING COMPUTER-READABLE 

STORAGE MEANS AND TUNNEL 
END-POINTS 

1. FIELD OF THE DISCLOSURE 

0001. The field of the invention is that of communications 
networks. 
0002 More specifically, the invention pertains to a tech 
nique for transmitting data packets (also called datagrams) on 
a tunnel going through a communications network. 
0003. The democratization of high-bit-rate Internet on the 
one hand and the appearance of general consumer audiovi 
Sual equipment having network connectivity on the other 
hand are going to create new forms of behavior on the part of 
users. These new forms of behavior will undoubtedly involve 
the appearance of individuals belonging to groups of persons 
having common interests (leisure, family, etc) that we might 
call “permanently linked’ groups. These groups will set up 
almost permanent connections with other individuals of a 
same field of interest, setting up audio and/or video commu 
nications and sharing all kinds of information (audio, video, 
photo, text etc). 
0004. The technology of Virtual Private Networks (VPN) 

is offering a worthwhile solution to this expectation. VPN 
enables real-time transparent communication in a secured 
way between individuals who share a same field of interest 
while at the same time using the Internet infrastructure which 
has low reliability but is inexpensive. 
0005 To communicate transparently and overcome the 
need for non-routable addresses, VPNs use a particular type 
of encapsulation known as tunneling which creates what is 
called a tunnel. This operation consists in encapsulating an 
A-level protocol (a passenger protocol) in a B-level protocol 
(transport protocol) by means of an encapsulation protocol C. 
Thus, the transport protocol B processes the passenger pro 
tocol A as if payload data were involved. 
0006 FIG. 3, described in detail here below, presents an 
example of packet encapsulation in a VPN of level 2, i.e. of 
encapsulation in a level-2 tunnel (a level-2 tunnel means that 
the passenger protocol A is a protocol of the layer 2 of the ISO 
model which describes the services offered by each of these 
layers and their interactions). 
0007 Tunneling may be used to transport a network pro 
tocol on a network that does not Support it. It can also be used 
to provide different types of VPN functions such as for 
example private addressing. 
0008 Tunneling techniques are now increasingly used by 
remote-access client functions and by home local area net 
works (LANs). 
0009 Here below in the description, we consider, by way 
of an example, solely level 2 or level 3 tunnels for which the 
level of the transport protocol B in the ISO model is equal to 
that of the transport layer (level 4 layer in the ISO model). 
0010 VPNs are frequently used to interconnect two LANs 
in order to create a virtual local area network formed by the 
union of two original LANs. Secured VPNs include a cryp 
tography and authentication algorithm to guarantee the 
secrecy of the transported data. A typical VPN configuration 
based on a tunneling technique is illustrated in FIG. 1 (de 
scribed in detail here below). In this example, the tunnel 
end-points or TEPs are not integrated into the gateways. The 
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tunnel is set up between two tunnel end-points and each 
packet (also called a frame) sent to an apparatus connected to 
the remote LAN is encapsulated by the local tunnel end-point 
and then sent to the remote tunnel end-point. For the appara 
tuses, they are virtually connected to a same LAN. Commu 
nication between two apparatuses through the tunnel is called 
end-to-end communication. 
0011. At present VPNs with multiple connection tech 
niques, i.e. tunnels formed by several carriers or channels, are 
appearing. This technique enables the choice of a first trans 
port protocol, for example for control data, and a second 
transport protocol, for example for payload data, the two 
types of data passing through a same tunnel end-point. There 
are many other possibilities as regards the choice of the trans 
portation protocol for passenger applications stream (for 
example as a function of the priorities of the passenger 
streams). The term used then is “virtual channel of a tunnel 
formed by numerous channels each having its own transport 
protocol, it being known that only the tunnel end-point knows 
these channels. The choice of the transport protocol can there 
fore be optimized for each of the channels. 
0012 Here below in the description, this type of tunnel 
shall be called a “multi-transport tunnel”. 
(0013. In the prior art, the internet protocol (IP) of layer3 of 
the ISO model or the TCP/UDP (transmission control proto 
col/user datagram protocol) protocols of layer 4 of the ISO 
model are mainly used. Since tunneling technologies based 
on IP cannot take account of network address translation 
(NAT) mechanisms and since they are not entirely compatible 
with the typical tunneling configuration of FIG. 1, we shall 
(solely by way of an example) here below in the description 
considered solutions based on the layer 4 (transport layer), i.e. 
on the TCP or UDP protocol. 
(0014) The TCP protocol is defined by the RFC-793 
(RFC request for comment) standard of the IETF (Internet 
Engineering Task Force) which produces most of the new 
Internet standards. This is a transmission protocol with an 
automatic repeat request (ARQ) based on the mechanisms of 
congestion and retransmission control and thus provides for 
the delivery of each packet to the destination. 
(0015 The UDP protocol is far simpler and faster protocol 
which does not take account of the order of the frames and 
does not manage any acknowledgement. 
0016. As specified here above, the TCP protocol was 
designed to be flexible and work in a wide variety of network 
communication environments, including slow and fast links, 
with high latency or links with variable error rates. Although 
the TCP protocol works for different environments, its per 
formance characteristics (especially the bandwidth) are 
affected by the characteristics of each communications link 
used. The performance characteristics of the TCP protocol in 
terms of bandwidth suffer in environments with lengthy con 
Veyance times and/or having a high error rate. 
0017. In the case of the Internet, the connections normally 
used are of the “best effort' type i.e. the connections do 
whatever is possible to convey information to their destina 
tion, but do so without ensuring a certain quality of service 
(QoS). Thus, in VPN communications, the transport layer of 
the tunnel is subjected to high fluctuations in transmission 
capacities. 
0018. The multi-channel sound format is an audio format 
aimed at approaching natural listening quality. It gives Sound 
a notion of space and thus enables the listener to be Sur 
rounded as well as immersed. It makes it possible quite sim 
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ply to reproduce the event in a cinema hall or at home with all 
the high emotions available in a concert hall, a stadium, an 
exterior area or the theatre. 
0019 Multi-channel audio formats such as Dolby Digital 
or the DTS (Digital Theater System) have become predomi 
nant in a home cinema system. Formats typically recognized 
are the 4.0, 5.1 and more recently the 7.1 formats. For 
example, the Dolby Digital 5.1 format supports two front 
speakers, two rear speakers, one centre speaker and one low 
frequency effects (LFE) speaker. The 7.1 format furthermore 
adds two additional channels to Support two side speakers. 
0020 Since a multi-channel stream (such as audio) must 
be transmitted and rendered in real time, the transport proto 
col for this stream must provide for delivery with minimum 
error or loss, without discontinuity and preferably with low 
latency. The absence of discontinuity is a predominant crite 
rion of quality (or QoE for Quality of Experience) perceived 
by the user because the Smallest interruption in the transmis 
sion of the stream (a loss or delay) results in a perceptible 
break (for example a break in a musical piece being listened 
to). 
0021 Indeed, as described here above, since the TCP pro 
tocol is not designed for transporting data in real time, the 
UDP protocol would be more capable of responding to this 
need except that it does not provide any stream control 
mechanism. 
0022. This is why the RTP (the real time transport protocol 
which is a RFC-3550 standard) situated at the level of the 
application according to the ISO layer, uses the underlying 
UDP transport protocol in order to provide an end-to-end 
transport function for real-time applications in multicast type 
network services (i.e. where a message is sent to several 
intended recipients simultaneously) or unicast type network 
services (where a message is sent to a single intended recipi 
ent). 
0023 The UDP protocol is classically made specific for 
the applications in view and there are several existing for 
mats. For example for audio and video conferences, the for 
mat is defined by the RFC-3551 standard, for the transporting 
of MPED1/2 video streams it is the RFC-2250 standard and 
for the AC-3 audio stream transport, it is the RFC-418.4 stan 
dard. 
0024 However, it is planned that for multi-channel ses 
sions, the samples of a same point and time should be in the 
same RTP packet. 
0025. The lost of an RTP packet results in the loss of a time 
sample for all the channels of the multi-channel stream con 
veyed. 
0026. In order to optimize the bandwidth for the real-time 
applications to be transmitted on the Internet, the TCRTP 
(Tunneling Multiplexed Compressed Real-Time Transport 
Protocol defined by the RFC-4170 standard) is used for the 
compression and multiplexing of RTP multimedia streams. 
This is a protocol that acquires no modification of existing 
RTP applications because the tunneling mechanisms are 
incorporated into external concentration devices such as 
Internet gateways. 
0027. This TCRTP protocol requires no additional pro 
cessing of the routers of the global network traversed relies on 
different standardized protocols such as:— 

(0028 the ECRTP header compression protocol (En 
hanced Compressed Real-Time Protocol under the 
RFC-3545 standard) for the compression of IP/UDP/ 
RTP headers; 
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0029 the PPP (Point-to-Point Protocol) layer multi 
plexing protocol, i.e. PPP-MUX, RFC-3153 standard, 
enabling the aggregation of RTP multiple streams; 

0030) the L2TP (Layer Two Tunneling Protocol under 
the RFC-2661 standard) enabling the creation of “level 
2' tunnels in supporting PPP sessions. L2TP tunneling 
on IP networks uses the UDP protocol and a series of 
L2TP messages for the management of the tunnel. 

0031. Thus, during temporary congestion on the Internet 
of the RPV tunneling according to the TCRTP protocol, the 
loss of a packet of the tunnel results to the loss of a time 
sample of all the multiplexed RTP streams, and this is done 
for all the channels of each of the streams. 

0032. In conclusion, the smallest loss on a TCRTP tunnel 
has a yet greater effect if each RTP stream were to be trans 
mitted in isolation (outside the RPV tunnel). 
0033. To date, there is no method of transportation through 
a global network (such as the Internet) for multi-channel 
applications conveyed according to the RTP protocol on a 
local (LAN) network ensuring delivery without any percep 
tible interruption to the destination multimedia apparatus. 

2. BACKGROUND OF THE DISCLOSURE 

0034. There are two categories of known principles for 
improving the conveyance of real-time streams (or stream 
ing) in an unstable environment (Such as the Internet or wire 
less links). A first principle consists in acting on the transport 
protocol itself as described in the US patent document 2006/ 
0198300A1 (by EPSON Research and Development Incor 
porated, “Multi-channel TCP connections'). 
0035. This patent document describes an example of 
operation of the principle where multiple TCP connections 
(Multi-TCP connections) are set up between two remote 
apparatuses (such as tunnel end-points or Internet gateways) 
on which the application streams will be transmitted. 
0036 Starting from the observation according to which 
the TCP protocol is reliable but does not ensure a constant 
real-time bit-rate during losses, the idea consists of the use of 
an aggregate of TCP connections in order to obtain a more 
regular total bit-rate. The present patent document discloses a 
technique for selecting one of the TCP carriers to transmit 
each passenger packet as a function of the state of congestion 
of the TCP connections. 

0037. When a TCP connection undergoes a great reduc 
tion of its connection window (named "cwind according to 
the TCP protocol), it means that there is a momentary con 
gestion. Then, another TCP connection with a greater avail 
able congestion window is chosen. Thus, ifa packet is lost and 
is being retransmitted on the first connection, the following 
packets will not be subjected to this congestion on another 
TCP carrier. 
0038. The advantage of this approach pertains to the reli 
ability of transport. However, the passenger stream conveyed 
through multiple TCP connections is nevertheless disturbed. 
There are no longer losses but delays in delivery for the 
packets retransmitted on each of the TCP connections. 
0039. According to the multi-TCP principle, the large 
number of TCP connections entails an equivalent increase in 
the probability of loss or retransmission. Thus, the de-se 
quencing of the data upon arrival (not described in the patent 
document mentioned here in) calls for a latency that is all the 
longer in order to be corrected. 
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0040 Thus, the solution of this patent document provides 
a partial response to the problem of data loss but does not 
provide for regular delivery of RTP streams without interrup 
tion. 
0041. A second principle consists of action on the content 
transported as described in the RFC-2198 standard “RTP 
Payload for Redundant Audio Data’. 
0042. An FEC (forward error correction) type mechanism 

is a mechanism for protection against errors used during data 
transmission. The sender adds redundancy in order to enable 
the intended recipient to detect and correctat least one part of 
the errors. This prevents retransmission and therefore pro 
vides for bandwidth savings and even ensures transmission in 
certain situations where there is no return channel. 
0043. The RFC-2198 standard lays done the principle 
according to which redundant copies of audio data elements 
are transmitted in a single RTP stream in order to correct 
disturbances related to losses in the transportation of the RTP 
Stream. 

0044 Thus each RTP packet contains a piece of audio data 
for a same time slot and a (more compressed) copy of the 
audio data of a previous time slot. This enables an approxi 
mate recomposition of the samples lost from the decoding of 
the next packet. 
0045. This solution requires substantial over-occupation 
of the available bandwidth so as to convey data in duplicate, 
and is therefore better suited to WLAN (wireless local area 
network) wireless environments subject to losses of data as 
well as to WAN environments where the non-delivery of a 
packet results from a phenomenon of congestion on the path. 
0046. Thus, in this second approach, the redundancy of the 
information only aggravates the phenomenon of congestion 
in the WAN global network where bandwidth is limited. 

3. GOALS OF THE DISCLOSURE 

0047. It is a goal of at least one embodiment of the inven 
tion to prevent or limit phenomena of interruptions in the 
rendering of a multi-channel stream in transit on a tunnel and 
more particularly to provide a technique of transport for the 
regular and uninterrupted delivery of the multi-channel 
stream. This method will be described more specifically in the 
context of a multi-channel audio application but could be 
applied to any multi-channel stream in general. 
0048. It is another goal of at least one embodiment of the 
invention to provide a technique of this kind to reduce 
memory resources at reception. 
0049. It is an additional goal of at least one embodiment of 
the invention to provide a technique of this kind to improve 
the bandwidth of the tunnel for the payload data. 
0050. It is also a goal of at least one embodiment of the 
invention to provide a technique of this kind that is simple to 
implement and costs little. 

4. SUMMARY 

0051 One particular embodiment of the invention pro 
poses a method of transmitting a multi-channel data stream 
comprising frames comprising a plurality of channels, the 
transmitting being done via a multi-transport tunnel from a 
first tunnel end-point to a second tunnel end-point, said tunnel 
implementing a first carrier Supporting a transport protocol 
with acknowledgement and a second carrier Supporting a 
transport protocol without acknowledgement, 
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0052. This method is remarkable in that the first tunnel 
end-point performs steps, for a given frame of said stream, of 

0.053 obtaining at least one piece of information on 
quantity of data of said multi-channel data stream 
received by the second tunnel end-point: 

0.054 routing the channels of a frame of said multi 
channel data stream received by the first tunnel end 
point to one of said carriers of the tunnel, as a function of 
said at least one piece of information obtained; 

0.055 supplying one piece of synchronization informa 
tion with said channels; 

0056 transmitting to the second tunnel end-point each 
of the channels of said given frame via the carrier to 
which said channel has been routed as well as its Sup 
plied piece of synchronization information. 

0057 Thus, the invention relies on an approach of using 
information on quantities of data of said multi-channel data 
stream received by the second tunnel end-point to route the 
individual channels of the multi-channel stream and thus 
facilitate the re-composition of the original stream. 
0.058 Again, this method enables regular and uninter 
rupted delivery of the multi-channel stream. 
0059 Advantageously, the piece of information on syn 
chronization Supplied with a channel is a piece of time-stamp 
information extracted from said multi-channel data stream. 
0060 Thus, the invention uses a piece of information 
already contained in the initial frame to synchronize each 
channel and classify it at reception. It is therefore not neces 
sary to use an additional piece of information. The bandwidth 
is thus optimized. 
0061 Advantageously, this method comprises a step of 
obtaining at least one piece of information on a piece of 
information on congestion of the first carrier. 
0062. Furthermore, said step of routing each of the chan 
nels is also performed as a function of said piece of informa 
tion on congestion obtained. 
0063 Thus, in the event of congestion on the first carrier, 
the distribution of the channels on first and second carriers it 
optimized so as to preserve optimum activity without over 
loading it. The routing can especially be adjusted perma 
nently for the dynamic distribution of the channels on the first 
and second carriers. 
0064. Advantageously, said piece of information or said 
pieces of information on quantities of data of said multi 
channel data stream received by the second tunnel end-point 
belongs or belong to the group comprising: 

0065 information on a filing of a reception buffer 
included in said second tunnel end-point; 

0.066 information on a data loss rate of said stream 
transmitted on said at least one second carrier. 

0067. According to the invention, it is proposed to correct 
the policy of switching the individual channels of the multi 
channel stream as a function of the difficulties encountered 
and/or anticipated by the second tunnel end-point to re-com 
pose the stream. Thus, the invention reacts by anticipation of 
the problems to come as well as for example the congestion of 
the network. 
0068 According to an advantageous characteristic of the 
invention, the pieces of information on a filing of a reception 
buffer belong to the group comprising: 

0069 a first piece of information on difference between 
an instantaneous filling value and a reference filling 
value, the filling referring to a part of said reception 
buffer for receiving data from the first carrier; 
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0070 a second piece of information on difference 
between an instantaneous filling value and a reference 
filling value, the filling referring to a part of said recep 
tion buffer for receiving data from the second carrier 

0071 a third piece of information on difference 
between a number of pieces of payload data of said 
multi-channel data stream and a reference filling value, 
a piece of payload data being a frame having available 
channels present in a part of said reception buffer for 
receiving data from the first carrier as well as channels 
present in a part of said reception buffer for receiving 
data from the second carrier. 

0072 Thus, this information enables a regular updating of 
the algorithm for Switching channels on the first and second 
carriers. 
0073. According to a second advantageous characteristic, 
said method comprises a step among the group of steps of: 

0074 routing to the first carrier of a number of channels 
of a current frame greater than a number of channels of 
a previous frame routed to said first carrier, if the third 
piece of information on difference is positive and if the 
first piece of information on difference is greater by at 
least one first predetermined divergence than the second 
piece of information on difference; 

0075 routing certain channels of a current frame to 
none of said first and second carriers, if the third piece of 
information on difference is positive and if the first piece 
of information on difference is not greater by at least said 
first predetermined divergence than the second piece of 
information on distance; 

0076 routing a number of channels of a current frame to 
the first carrier, this number being smaller than a number 
of channels of a previous frame routed to said first car 
rier, if the third piece of information on difference is 
negative, if the first piece of information on difference is 
greater than a predefined portion of said reference value 
and if a congestion of the first carrier is detected; 

0077 routing channels of a current frame, which were 
routed for a previous frame solely to said first carrier, to 
the first and second carriers, if the third piece of infor 
mation on difference is negative, if the first piece of 
information on difference is greater than a predefined 
portion of said reference value and if no congestion of 
the first carrier is detected; 

0078 routing a number of channels of a current frame to 
the first carrier that is greater than a number of channels 
of a previous framerouted to said first carriers if the third 
piece of information on difference is negative and if the 
second piece of information on difference is greater than 
a predefined portion of said reference value. 

007.9 Thus, through this information, the invention is used 
to optimize the distribution of data among the first and second 
carriers. 
0080 Advantageously, said method comprises a step of 
associating a piece of priority information with each of the 
channels as a function of a predetermined profile of an appli 
cation conveyed by said stream, said step of routing each of 
the channels being also performed as a function of pieces of 
priority information associated with the channels. 
0081. Thus, the invention adapts the default mode of trans 
port of the tunnel carrier according to the type of stream of the 
multi-channel data to be transmitted. For example, depending 
on the application conveyed, the classification of the channel 
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differs according to whether the application is of an audio 
streaming type or of a video conference type. 
0082 In another embodiment, the invention relates to a 
computer-readable storage means, storing a set of instruc 
tions that can be executed by a computer to implement a 
method of transmitting a multi-channel data stream compris 
ing frames comprising a plurality of channels, the transmit 
ting being done via a multi-transport tunnel from a first tunnel 
end-point to a second tunnel end-point, said tunnel imple 
menting a first carrier Supporting a transport protocol with 
acknowledgement and a second carrier Supporting a transport 
protocol without acknowledgement. This computer-readable 
storage means is remarkable in that the first tunnel end-point 
performs steps, for a given frame of said stream, of 

0.083 obtaining at least one piece of information on 
quantities of data of said multi-channel data stream 
received by the second tunnel end-point: 

0084 routing the channels of a frame of said multi 
channel data stream received by the first tunnel end 
point to one of said carriers of the tunnel, as a function of 
said at one least piece of information obtained; 

0085 supplying one piece of synchronization informa 
tion with said channels; 

I0086 transmitting to the second tunnel end-point each 
of the channels of said given frame via the carrier to 
which said channel has been routed as well as their 
associated piece of synchronization information. 

I0087. The invention also pertains to a first tunnel end 
point participating in a transmission of a multi-channel data 
stream comprising frames comprising a plurality of channels, 
the transmission being done via a multi-transport tunnel from 
a first tunnel end-point to a second tunnel end-point, said 
tunnel implementing a first carrier Supporting a transport 
protocol with acknowledgment and a second carrier Support 
ing a transport protocol without acknowledgment. The first 
tunnel end-point is remarkable in that it comprises: 

0088 means for obtaining at least one piece of informa 
tion on quantities of data of said multi-channel data 
stream received by the second tunnel end-point; 

0089 means for routing said channels of a frame of said 
multi-channel data stream received by the first tunnel 
end-point to the of said carriers of the tunnel, as a func 
tion of said at least one piece of information obtained; 

0090 means for supplying one piece of synchroniza 
tion information with said channels; 

0.091 means for transmitting to the second tunnel end 
point each of the channels of said given frame via the 
carrier to which said channel has been routed as well as 
its Supplied piece of synchronization information. 

0092 Advantageously, the piece of information on syn 
chronization Supplied with a channel is a piece of time-stamp 
information extracted from said multi-channel data stream. 
0093 Advantageously, the first tunnel end-point com 
prises means for obtaining at least one piece of information on 
a piece of congestion information of the first carrier. 
0094. According to an advantageous characteristic, said 
piece of information or said pieces of information on quanti 
ties of data of said multi-channel data stream received by the 
second tunnel end-point belongs or belong to the group com 
prising: 

0.095 pieces of information on a filing of a reception 
buffer included in said second tunnel end-point; 

0.096 pieces of information on a data loss rate of said 
stream transmitted on said at least one second carrier. 
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0097. According to an advantageous characteristic of the 
invention, the pieces of information on a filing of a reception 
buffer belong to the group comprising: 

0.098 a first piece of information on difference between 
an instantaneous filling value and a reference filling 
value, the filling referring to a part of said reception 
buffer for receiving data from the first carrier; 

0099 a second piece of information on difference 
between an instantaneous filling value and a reference 
filling value, the filling referring to a part of said recep 
tion buffer for receiving data from the second carrier; 

0100 a third piece of information on difference 
between a number of pieces of payload data of said 
multi-channel data stream and a reference filling value, 
a piece of payload data being a frame having available 
channels present in a part of said reception buffer for 
receiving data from the first carrier as well as channels 
present in a part of said reception buffer for receiving 
data from the second carrier. 

0101 Advantageously, the first tunnel end-point com 
prises means for associating a piece of priority information 
with each of the channels as a function of a predetermined 
profile of an application conveyed by said stream, said means 
for routing each of the channels also performed as a function 
of pieces of priority information associated with the channels. 

5. BRIEF DESCRIPTION OF THE DRAWINGS 

0102 Other features and advantages of embodiments of 
the invention shall appear from the following description, 
given by way of an indicative and non-exhaustive example 
and from the appended drawings, of which: 
0103 FIG. 1 is a schematic view of a classic configuration 
of a virtual private network (VPN) implementing a tunnel; 
0104 FIG. 2 is a schematic view of a classic layered model 
of a tunnel end-point in which the method according to a 
particular embodiment of the invention can be implemented; 
0105 FIG.3 is a schematic view illustrating an example of 
a classic format of an Ethernet frame conveying a level 2 
tunnel packet; 
0106 FIG. 4 is a schematic view illustrating a tunnel end 
point implementing the present invention according to one 
particular embodiment of the invention. 
0107 FIG.5 is a schematic view illustrating an example of 
a multi-channel stream Supported by the mechanisms of the 
present invention according to a particular embodiment of the 
invention; 
0108 FIG. 6a is a schematic view illustrating an example 
of a format of an Ethernet frame conveying a tunnel packet 
according to a particular embodiment of the invention; 
0109 FIG. 6b is a schematic view illustrating an example 
of an AVP structure according to the L2TP protocol and 
according to a particular embodiment of the invention; 
0110 FIG. 7 is a schematic view illustrating a system for 
storage of data received from different carriers of the multi 
protocol tunnel according to a particular embodiment of the 
invention; 
0111 FIG. 8 is a schematic view illustrating a building 
algorithm for the building, by the tunnel end-point, of a loop 
report in a particular embodiment of the invention; 
0112 FIG. 9 is a schematic view illustrating an algorithm 
of implementation, by a decision engine, for the channels of 
a multi-channel stream 401; 
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0113 FIG. 10 is a schematic view illustrating a device 
according to a particular embodiment of the invention. 

6. DETAILED DESCRIPTION OF 
ILLUSTRATIVE EMBODIMENTS 

0114 Here below in the description, the method of the 
invention is described in more amply detail in the context of 
a multi-channel audio application but can also be applied to 
any multi-channel stream in general. 
0115 FIG. 1 provides a schematic illustration, according 
to a particular embodiment of the invention, of a virtual 
private network (VPN) implementing a tunnel 100 between a 
local tunnel end-point 101 and a remote tunnel end-point 102, 
through a communications network 107 (the Internet for 
example). This tunnel 100 connects a LAN A103 and another 
LANB104. Each of the LANs 103 and 104 has a high-bit-rate 
Internet access apparatus of a home gateway type capable of 
integrating a firewall 105 and 106, PC type apparatuses 109 
and 111, servers 110 and 113 for the storage and distribution 
of the digital media (of the audio, video and photo type) as 
well as digital media rendering apparatuses 108 and 112. 
0116. A tunnel end-point may be integrated into an audio 
visual apparatus Such as a digital television set. It can also be 
present in a PC type apparatus in the form of a program 
performing the functions associated with it. 
0117. Once the tunnel 100 is set up, the apparatuses 108, 
109, and 110, connected to the LAN A 103, are capable of 
communicating with the apparatuses 111, 112 and 113, con 
nected to the LAN B 104. For example, the local client 108 
connected to the LAN A103 can communicate with the server 
113 connected to the network LAN B 104. 
0118. This FIG. 1 shows a simple communications net 
work with only one tunnel, but it is understood that a same 
tunnel end-point may have to manage several tunnels (going 
to an equivalent number of tunnel end-points) to interconnect 
a first LAN with several other LANs. Furthermore, for the 
sake of simplification, the figure does not show the infrastruc 
ture apparatuses in the Internet Such as the Internet routers. 
0119 FIG. 2 schematically illustrates the routing of an 
Ethernet frame that comes from one of the apparatuses 108, 
109, 110 (connected to the LAN B 103) that will enter the 
tunnel 100. A layered model describing the protocol layers 
needed for the implementation of this tunnel 100 is used to 
describe this routing. In this model, the protocol elements 
necessary for functions other than the use of the tunnel are not 
represented. For example, the protocol elements associated 
with a UPnP architecture, when a first tunnel end-point 101 is 
integrated into a UPnP apparatus, are not shown. 
0.120. The first tunnel end-point 101 has a Ethernet physi 
cal interface 208 which hands over the Ethernet frames com 
ing from one the apparatuses 108, 109, 110 to the link layer 
207 for routing toward the network layer 206 (for the Ethernet 
frames intended for the apparatus comprising the tunnel end 
point) or toward the bridge layer 209 for the other Ethernet 
frames. The bridge layer 209 carries out the classic operations 
of an Ethernet bridge such as the filtering of Ethernet frames 
and the relay of these frames to the appropriate Ethernet 
output port or ports. The bridge has an Ethernet interface 207 
and at least one virtual interface 210, simulating an Ethernet 
controller, attached to it. A virtual interface 210 is created for 
each tunnel instantiated by the application 200 to which it 
gives the Ethernet frames that must travel in transit on the 
respectively instantiated tunnels. Generally, the protocol of 
encapsulation of the tunnel represented by the application 
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200 performs the operations necessary for implementing each 
tunnel, among them in particular configuration, filtering and 
encapsulation (formation of a tunnel packet) and the extrac 
tion of a frame. 
0121. The frames received from the virtual interface 210, 
after processing by the application 200, are handed over in the 
form of a packet through an applications interface or socket 
201 to a reliable TCP transport protocol 203 or to a non 
reliable UDP transport protocol 205, respectively secured by 
the SSL protocol 202 and the DTLS protocol 204. After 
processing by a transport protocol to form the tunnel packet, 
this packet is passed on to the network layer 206. The IP 
datagram thus formed with the current packet can then be 
transmitted on the LAN sub-network through the link layer 
207 and physical layer 208. 
0122) The reception of a frame coming from the tunnel 
100 will follow a path in the tunnel end-point that is in reverse 
to the path presented here above. 
0123 FIG. 3 shows an example of a classic format of an 
Ethernet frame 260 in transit for example on the network 
LAN A103 of FIG. 1 and comprising an Ethernet header field 
261, a first IP datagram 262 itself conveying a level 2 tunnel 
packet 250 and an FCS (Frame Check Sequence) field 263. 
0.124. The tunnel packet 250 has four parts: 

0.125 a transport protocol header field 251 (namely a 
TCP or UDP field in this example), 

0.126 aheader field of the encapsulation protocol 252 
(namely L2TP or TLS in this example, described espe 
cially in the following documents “IETF RFC3931, 
“Layer two tunneling protocol version3 (L2TPv3), J. 
Lau etal, March 2005 and <IETF RFC2246, “The TLS 
Protocol Version 1.0'<), 

I0127 a header field of the passenger protocol 253 
(namely Ethernet in this example); 

I0128 a user data field 254 which itself comprises a 
second full IP datagram if no fragmentation has taken 
place in transit from the Source apparatus. 

0129 FIG. 4 is a schematic illustration of a scenario for the 
application of one embodiment of the invention with refer 
ence to the environment described with reference to FIG. 1 
where the functional structures of a sender 410 and a receiver 
420 according to the present invention are represented. 
0130. The algorithms of the invention are described 
according as being set up on the tunnel end-points 101 and 
102 of FIG. 1. 
0131 Thus, each tunnel end-point 101 or 102 embeds the 
particular sender block 410 and receiver block 420 of the 
invention to/from a multi-transport VPN tunnel. 
0.132. According to the diagram of FIG.4, the module 410 

is implemented on a first tunnel end-point (for example 101) 
and the module 420 is implemented on the second tunnel 
end-point (for example 102) connected to one another by the 
different carriers of the multi-transport tunnel (in this case 
100A for the TCP protocol and 100B for the UDP protocol). 
0133. It is clear however that the invention cannot be lim 
ited to these two particular types of protocol and pertains to 
other types of protocol which can be implemented by the 
invention. 
0134) For example, the protocol with acknowledgement is 
of the SCTP (Stream Control Transport Protocol) type and the 
protocol without acknowledgement is of the DCCP (Data 
gram Congestion Control Protocol) type. 
0135. The module 410 receives the multi-channel RTP 
stream 401 at input and is responsible for handling it in order 
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to transport the data of this RTP stream through the multi 
transport tunnel 100 with the greatest efficiency. 
0.136 The module 420 receives these pieces of data from 
the tunnel 100 and will reconstitute an RTP multi-channel 
stream 402 which is also as compliant as possible with the 
original multi-channel stream 401. 
0.137 It may be recalled that the description is focused on 
multi-channel streams conveyed on the RTP transport proto 
col because this is a preferred approach of the prior art for 
conveying broadcast streams in real-time. However, accord 
ing to an optional embodiment (not described) any other 
mode of transportation (such as HTTP for example) is com 
patible with the means of the present invention. 
0.138. The sender module 410 consists of the following 
elements: 

0.139 a channel demultiplexer 411 responsible for 
extracting the audio channels conveyed in a RTP multi 
channel stream 401 which is an applications stream 
received from the local network (for example the LANA 
network 103): 

0140 a decision engine 412 responsible for switching 
each of the audio channels identified by 411 on at least 
one of the carriers of the multi-transport tunnel; 

0.141 packeting units 413 and 414 properto each carrier 
of the multi-transport channel Supporting the encapsu 
lation of the channels identified by the module 411 and 
Switched towards them. 

0142. The receiver module 420 is formed by the following 
elements: 

0.143 de-packeting units 421 and 422 proper to each 
carrier of the multi-transport tunnel, Supporting the de 
encapsulation of the data conveyed through their recip 
rocal carrier of the tunnel and enabling the re-composi 
tion (or re-association) of the passenger audio channels 
corresponding to a same synchronization identification 
(more amply described here below in the invention); 

0.144 a storage Zone 423 in charge of reordering the 
applications data (channels individually received and 
reordered according to their synchronization marking); 

0145 a RTP frame refresh unit 424 used to reconstitute 
a multi-channel frame according to the applications for 
mat conveyed in the RTP packet 401 on the basis of 
information received from the sender 410 and preserved 
in the storage 423; 

0146 a stream sequencer 425 responsible for delivering 
on the local network (for example the LAN B network 
104) the RTP packets (or frames) according to the time 
stamp or time marking indicated in the original RTP 
packets (or frames) 401. 

0.147. Owing to the temporary storage Zone 423 which 
enables an absorption of the fluctuations of latency of the 
Internet and according to the methods set up in the refresh 
module 424, the sequencer 425 is continually powered and is 
capable of transmitting a multi-channel RTP stream on its 
local network with almost zero jitter. 
0.148. This is particularly advantageous in the case of the 
transporting of continuous multi-channel streams (stream 
ing) on RTP as in the case of audio or video non-interactive 
broadcasting applications, i.e. when the receivers of these 
types of streams are little concerned by the latency inherent to 
the network for the transport of multi-channel data from the 
Source (connected to the remote network). 
0149 According to the invention, these receivers are given 
an architecture so as to receive a multi-channel stream 401 
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regularly as if the source were on the same local LAN type 
Sub-network (with almost constant inter-packet time. Some 
thing that is not possible in transmission on the Internet 
according to the mechanisms of the prior art). 
0150 FIG. 5 (described in more ample detail here below) 
provides a schematic and indicative illustration of the 
examples of multi-channel streams 401 conveyed according 
to the RTP protocol. The present invention is capable of 
conveying these examples of steams on the tunnel so as to 
meet the previously explained problems. An example of a 
multi-channel audio stream is a multi-channel stream in the 
AC-3 format comprising for example 6 separate audio chan 
nels (in the case of the 5.1 type AC-3 format). This type of 
stream is used here below in the description solely as an 
example because the present invention can take any multi 
channel format (audio alone, audio/video or video alone). 
0151. Once the channels of the multi-channel stream have 
been identified, the channel demultiplexer 411 proposes a list 
of channels to the routing decision engine 412. This list is 
formed by channels corresponding to pieces of information 
extracted as such from the stream 401 (for example an AC-3 
RTP stream, the different ABiblocks 553 of FIG.5 described 
in greater detail here below) as well as a “virtual data channel 
(representing a set of payload data needed for the rebuilding 
of the multi-channel stream 402 by the destination tunnel 
end-point denoted as data CB0 (control block) indexed 0 
and not shown). 
0152. According to one particular embodiment of the 
invention, a piece of information on criticality is associated 
with each ABior CBO channel in order to indicate whether the 
channel should be transmitted reliably or not. This informa 
tion on rank is especially useful for the decision engine 412 to 
select the channels in order to modify their Switching accord 
ing to the results of transport on the channel (typically, it will 
be preferred to downgrade the quality of the audio channels 
considered to be less important to the benefit of the other 
channels). 
0153. The operating algorithm of the decision engine 412 

is described in more ample detail here below in the descrip 
tion with reference to FIG. 9. Thus, certain channels are 
directed to the packeting unit 413 and others to the packeting 
unit 414. 

0154 The encapsulation mechanisms implemented by the 
packeting units 413 and 414 and the de-encapsulation mecha 
nisms implemented by the depacketing units 421 and 422 
convey data according to the protocol described with refer 
ence to FIG. 6 described in more ample detail here below. 
Thus, a synchronization element is inserted into the encapsu 
lation/de-encapsulation protocol in order to be conveyed as a 
accompaniment of each element of the multi-channel stream 
in order to enable a fine identification of the channel sample 
by de-encapsulation 421 and 422 and to enable a re-associa 
tion of the channel samples of the stream which were origi 
nally in the same stream frame 401 and which had been 
separated on each of the carriers 100A and 100B of the tunnel. 
0155 The mechanisms and architecture oftemporary stor 
age 423 are described with reference to FIG. 7 and perform 
the rescheduling of the various samples of channels of the 
stream 401 received by the depacketing units. 
0156 The frame refresher 424 is capable of obtaining the 
information preserved in the storage 423 for the various audio 
channels received and thus reconstitute a multi-channel frame 
according to the original format of the stream 401. For 
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example, the data channels ABi and the virtual channel CB0 
are considered in order to constitute a frame according to the 
AC-3 format. 
0157 According to one particular embodiment of the 
invention, a information signal 430 is conveyed between the 
frame refresh unit 424 (more particularly its report sender 
4242) and the decision engine 412. This information signal 
430 indicates the capacitor of the frame refresh unit 424 to 
re-create multi-channel frames according to the availability 
of information in the storage 423. This information is particu 
larly useful for the decision engine 412 of the module 410 to 
correct the policy of switching of the individual channels of 
the multi-channel Stream 401 to the TCP or UDP carriers of 
the multi-transport tunnel. 
0158 Should there be applications data lacking for the 
rebuilding of the frames for the stream 402, the frame refresh 
unit 424 has a correction system 4241 capable of replacing the 
missing data according to an adequate substitution technique. 
For example, for an audio stream, a low-cost method, which 
is simple and widespread consists in inserting silence (or 
more generally synthetic data) or noise. A repetition tech 
nique can also be put into practice. 
0159. The stream sequencer of 425 for its part is respon 
sible for regularly transmitting the multi-channel frames (ob 
tained by the frame refresh unit 424) through the RTP proto 
col (stream 402). This sequencing depends on the original 
RTP time stamp of the stream 401 for which the information 
has been conveyed through the tunnel. The stream sequencer 
425 is not been described in greater detail because there is a 
multitude of implementations in the prior art enabling a RTP 
stream transmission to be sequenced. 
0160 The original server that has originated the multi 
channel stream 401 of the remote sub-stream works espe 
cially on this principle. 
0.161 FIG. 5 provides a schematic illustration of an 
example of a multi-channel stream 401 supported by the 
mechanisms of the present invention. 
0162 The IETF defines several methods of encapsulation 
of multi-channel multimedia content in the RTP protocol. 
0163 Among these methods, we may note: 

0.164 the codec (compression-decompression) AC-3 
audio methods; or 

0.165 the Dolby digital method formally called the 
Dolby AC3 method which is especially the format 
mostly commonly used for DVD-Video disks and is 
adopted for the broadcasting of land television by the 
ATSC (advanced television standards committee) for 
streaming or continuously broadcasting on LAN type 
networks by the DLNA (digital living network alliance). 

0166 There are several existing versions of AC-3 type 
encoding: 1.0 (mono) which is very rare, 2.0 (stereo), 5.1 (5 
channels for the satellite speakers and one channel for the 
sub-woofer) and 7.1 (seven channels for the satellite speakers 
and one channel for the sub-woofer). 
0167. This is a system of digital encoding with audio data 
compression that uses the limits of aural perception to effi 
ciently compress a signal and render Sound on six indepen 
dent channels (in the case of a 5.1 type encoding). 
(0168 The RFC-4184 (<RTP Payload for AC-3<) rec 
ommendation stipulates the format for encapsulation in a 
broadcasting stream according to the RTP protocol. 
(0169 FIG. 5 shows the format of an RTP frame 500 con 
veying AC-3 data frames. 
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(0170 An RTP header 501 is used to identify the type of 
data conveyed, especially using a “timestamp' field relative 
to the first sample (or frame) of AC-3 data conveyed, and with 
a “payload type' field identifying the format of the data 
conveyed (enabling the interpretation of the blocks 560 and 
502). It may be recalled that a value of “payload type' field in 
the bracket 96-127 indicates a dynamic definition associated 
with a declaration by a third-party protocol (such as session 
description protocol (SDP), RFC-2327 standard). 
0171 The AC-3 type data stream consists of successive 
synchronization frames 550 in which each part represents 
important information for the compression and retrieval of 
the data. 
(0172 An "SI block 551 represents the information on the 
synchronization. The SI block contains a 40-bit synchroniza 
tion word used to indicate the start of the AC-3 frame. This 
word is at the beginning of each frame. 
(0173 A “BSI block 552 contains information on the type 
of data conveyed in the stream. It is only on the basis of this 
data that it is possible to reconstitute the original samples 
(determine the number of channels used in addition to the 
woofer). Less important information is also conveyed, for 
example language, time, type of service (dialogue, commen 
tary, music etc). 
(0174. A set of blocks 553 “ABi” (i=1 ... n.) where each 
block contains audio data from the different channels. Each 
block consists of 256 sound samples. 
(0175. An “Aux” block 554 contains supplementary or 
auxiliary information on the ABi’ block, this information 
being used if back-up data is needed. 
(0176 A “CRC block 555 enables the control of errors in 
order to verify that the information is not erroneous. 
(0177. This frame 550 is encapsulated by a two-byteheader 
560, specific to the AC-3 data encapsulation (also called 
“payload specific header according to the RTP protocol). 
Thus, the payload data Zone of the header 560 has an MBZ 
block 561 formed by Zero-setting bits, an “FT (Frame Type) 
block 562, indicating the type of frame conveyed (complete 
or fragmented frame) and an “NF block 563 indicating the 
number of AC-3 frames 550 present in the payload data Zone. 
0.178 If the size of an AC-3 frame exceeds the MTU 
(Maximum Transmission Unit) size as defined under the TCP 
protocol, this frame may be fragmented at the RTP transport 
level. According to the recommendations for implementing 
the RTP protocol, the fragments of this frame are conveyed in 
order. Thus, the demultiplexer 411 should receive several 
RTP packets before obtaining each of the channels of the 
AC-3 multi-channel stream. 
(0179 The demultiplexer 411 breaks down the channel of 
the applications stream 401 and thus proposes the identified 
channels to the decision engine 412 (for example the six audio 
channels 553 if it is a stream 401 according to the AC-3 audio 
format of the 5.1 type). An additional virtual channel (not 
shown) is considered by grouping together the data needed to 
rebuild the original RTP stream through the refresh unit 424 
(this channel may be formed especially by the data elements 
560,550,552,554 for an AC-3 audio stream in addition to the 
RTP timestamp information of the header 501). 
0180. The channel multiplexer 411 can manage other 
methods of encapsulation of the multi-channel multimedia 
content in the RTP protocol, for example those for the fol 
lowing streams: 

0181 MPEG2-TS for which the recommendation RFC 
2250 recommendation (“RTP payload format for 
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MPEG1/MEPG2 audio and video”) describes the 
method of transport on RTP: 

0182 MPEG4 for which the RFC-3016 (“RTP payload 
format for MPEG-4 audio/visual streams) recommen 
dation describes the transport on RTP. 

0183 The type of stream supported by these recommen 
dations may be considered to be a bi-channel stream in the 
sense that the video and audio parts corresponding to separate 
channels (or even multi-channel if the audio part is in the 
AC-3 multi-channel format and not the AAC or MP3 mono 
channel format). 
0.184 We can also note another RTP profile applied to the 
interactive systems, such as the video conference format 
according to the RFC-3551 (RTP profile for audio and video 
conferences with minimal control) recommendation. 
Although the present invention is not Suited to the transport of 
strict interactive streams, in the context of reliable transport 
on the Internet with a low latency (for example a Round Trip 
Time or RTT of less than 50 ms), the retention time in the 
storage Zone 423 (one or two times the RTT) is not critical for 
the conversation. On the contrary, the quality of conversation 
in this context will be thereby improved. 
0185 FIG. 6a is an example of a format of an Ethernet 
frame 600 conveying a tunnel packet 601 according to the 
invention and traveling for example on the LAN A network 
103 of FIG. 1 between the tunnel end-point 101 and the 
gateway 105, and comprising: an Ethernet header field 261, a 
first IP datagram itself conveying a tunnel packet 601 accord 
ing to the invention (reference 601) and an FCS field (frame 
check sequence field). 
0186 The tunnel packet 601 has four parts: 
0187 a header field of the transport protocol 251 
(namely TCP or UDP in this example), 

0188 a header field of the encapsulation protocol 252 
(namely L2TP or TLS in this example, which will be 
described especially in the following documents: “IETF 
RFC-3931, “Layer two tunneling protocol version 3 
(L2TPv3), J. Lau et al, March 2005 and IETF RFC 
2246, “The TLS Protocol Version 1.0), 

(0189 a header field of the embedded protocol 253 
(namely an identification code proper to the data encap 
Sulation format according to the invention is defined to 
inform the receiver of the format of the payload data 603 
according to the invention), and finally 

(0190 a payload data field 603 which itself has a set of 
channels to be transmitted in the tunnel to the destination 
tunnel end-point. 

0191) Each channel 611 is preceded by a header 610 com 
prising information on the identification of the transported 
channel. 
0.192 For example, if the channel 611 corresponds to an 
“ABi' data channel 553, this channel must be referenced by a 
header 610 formed by an order number 620 (as specified in 
the format of the multi-channel stream) as well as a synchro 
nization index or marking 621 (enabling the grouping of the 
ABi data channels for a given time sample). 
(0193 For a virtual channel CB0 (not shown), the header 
610 has a channel number 620 that is not significant (not 
significant because the data elements of this channel CB0 are 
not data elements in the sense of samples of data of a frame of 
the multi-channel stream (in the case of the AC-3 frame 
format, this is not an audio sample), but data used for the 
re-composition of the RTP packet 501 and the header of the 
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multi-channel frame 560). The synchronization index 621 is 
the same as that of the ABi data channels (553). 
0194 This synchronization index 621 comes for example 
from the timestamp value of each RTP packet of the stream 
401, of which the format modulo 32 bits (unsigned integer) 
can be very greatly reduced. It is not a question here of having 
a distinct synchronization element for several megabytes of 
the RTP stream as allowed by the RTP timestamp (for a video 
stream sampled at 90 kHz, the modulo is 13 hours; for an 
audio stream sampled at 8 kHz, the interval is about six days), 
but this synchronization index 621 is used to re-order the data 
sent on the different carriers of the multi-transport channel, 
the RTT of which is equal to a few hundredths of millisec 
onds. 

0.195. In an optimized way, the invention uses a unique 
header 610 for several blocks 611 of a same time index 621, 
these blocks 611 being placed after the common header 610. 
0196. Thus, according to a particular embodiment of the 
invention, the field 620 is a byte for which each bit at 1 
indicates the presence Subsequently of the data channel 
sample 611 for a same applications frame according to the 
transported format, the samples being ordered according to 
their channel number (for example according to the format 
550 in the case of the AC-3 audio format of FIG. 5). 
0.197 According to another particular embodiment of the 
invention, the header 610 supports a list of channels 611 taken 
from among the Successive sampling frames but concatenated 
originally in the same RTP packet (the RTP packet comprises 
several data samples for an identical piece of “timestamp' 
information). In the case of the transport of channels in AC-3 
audio format, according to the description of FIG. 5, the 
header 560 is common to a variety of AC-3 audio frames 553. 
Thus, the field 620 embeds an indication (not shown) of the 
number of successive frames (from 1 to the value of “NF 
563) providing for knowledge of the length of the list 
described here below, followed by a list of representation 
bytes of the channel indices with a dimension equal to the 
number of successive frames (these are the same type of bytes 
as in the previous embodiments, where each bit at 1 indicates 
the presence of the corresponding audio block). Then, the 
channels 611 are sent one after the other in order: for example 
frame 0/channel block 0, frame 0/channel block 1, frame 
1/block 0 etc. There are therefore as many successive audio 
blocks as the sum of bits at 1 in the above-mentioned list of 
representation bytes of the field 620. 
0198 FIG. 7 provides a schematic illustration of a tempo 
rary storage structure 423 in charge of ordering the data 
received coming from the multi-transport tunnel, it being 
known that these pieces of data are dynamically routed by the 
sender tunnel end-point device on independent carriers of the 
tunnel, and that each carrier has undergone losses on the 
Internet. 

0199 The storage 423 is represented here in the form of a 
stringed list of elements (also called nodes) 710, each element 
710 representing a set of data frames 550 of the string 401, 
stamped by the same synchronization index SYNC 621 (i.e. 
data frames conveyed in the same RTP packet 401, and there 
fore subject to the same RTP timestamp information). 
0200 

0201 pointers to the following and/or preceding ele 
ments (or nodes) 710 in order to form the stringed list 
4323; 

The element (or node) 710 comprises: 
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0202 information on synchronization SYNC 621 
proper to transport on the tunnel, and enabling the ele 
ments (or nodes) 710 to be ordered relative to one 
another, 

0203 the RTP timestamp information corresponding to 
the synchronization SYNC information 621 (conveyed 
in the channel 611 representing the virtual channel 
CB0); 

0204 a pointer to a structure 730 that is common and 
permanent in the lifetime of the stream 401, grouping 
together the pieces of invariant data for the RTP proto 
col; 

0205 the number of applications frames (typically the 
number of frames 550 in the case of the AC-3 multi 
channel stream transport) for a same time sample (con 
veyed in the block 620 of the header 610 according to 
FIG. 6); 

0206 a table of frames sized 1 having a length equal to 
the above-mentioned value of the number of frames, 
where each element points to a stringed and ordered list 
of channels 720 (the first element 720 of the list is 
preferably a virtual channel of the CB0 type and the 
following are data channels of an ABi type ordered by 
their index (or order number)). 

0207. The elements 730 saves the information on the 
stream 401 conveyed through the tunnel for a client and a 
server of each distinct LAN 103 and 104. The element 730 
comprises especially the following information: 

0208 the MAC addresses of the client-server devices; 
0209 the IP addresses of the client-server devices: 
0210 the ports used for the RTP connection of each 
client and server device; 

0211 the RTP header information, common to all the 
RTP packets, comprising the current version of the RTP 
(“Ver) protocol, identification of the format of the data 
transported (payload type or PT) and the CSRC and 
SSRC identifiers of the RTP Stream. 

0212. The channel element 720 comprises: 
0213 pointers to the following and/or preceding chan 
nel elements 720 in order to form a stringed list; 

0214) a reference “ChannelNB' indicating the channel 
index representing the current element (typically the 
index “i' of the block 553 ABi, or an index “-1 for a 
CB0 block which is the first index of the string); 

0215 a reference “QueueNB' used to identify the de 
packeting unit 421 or 422 at the origin of the reception of 
the data element from the network, i.e. this amounts to 
knowing whether the data has been received by a reliable 
carrier (TCP 100A) or non-reliable carrier (UDP 100B) 
of the multi-transport tunnel; 

0216) a pointer to a memory storage Zone 721 hosting 
the received piece of data. 

0217 Thus, upon the arrival of the data coming from the 
carriers 100-A or 100-B of the tunnel, the de-packeting units 
421 or 422 are capable of inserting each piece of data received 
(the set 610-611) at the right position according to the fol 
lowing steps of 

0218 searching for the element (or node) 710 according 
to the SYNC information 621 conveyed in the tunnel 
packet with creation of the element (or node) 710 if there 
is an absence (it will be noted here below that only the 
SYNC information 621 is necessary for the creation of 
an element (or node) 710 and that this value is present in 
all the packets of the tunnel. Whatever the order of 
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arrival of the TCP or UDP packets, it is always possible 
to create an element (or node) 710 as soon as the first 
packet has arrived and it is then possible, with the fol 
lowing data or packets, to enrich it); then 

0219 searching from the block 620 of the tunnel packet 
for the corresponding applications frame 550 in the table 
of the frames of 710, and 

0220 inserting the channel sample 611 in the memory 
Zone corresponding to the right index of the channel 
among the elements 720 (CB0 or ABi). 

0221) Thus, the frame refresh unit 424 is capable of easily 
obtaining, from the storage 423, the data needed to rebuild a 
data frame for each node 710. 
0222 For example, according to the illustration of FIG. 4, 
three node elements 710 are available (before the data “T”) 
for extraction and sending to the local network. On the basis 
of the links between 710 and each of the element 720, the 
system 424 can propose a data frame (for example an AC-3 
audio frame 553 with its header 560) to the stream sequence 
of 425 for encapsulation in an RTP packet and sending on the 
network. 
0223) The stream sequencer 425 is a classic unit and shall 
therefore not be the object of a detailed description. 
0224. According to the invention, the frame refresh unit 
424 is capable of determining the behavior of the transmis 
sions made through the carriers of the tunnel on the Internet in 
order to fill the temporary storage unit 423. For example, this 
determining is done regularly at each extraction of an element 
(or node) 710. 
0225. A nominal or reference value "Tname' (referenced 
756) of the storage means 423 is typically 2 or 3 times the RTT 
between the modules 410 and 420, in order to enable at least 
one retransmission during a loss on the Internet (for the TCP 
carrier). From the number of data samples per second con 
tained in the frames of the passenger stream 401 (for example 
30 images/sec for a video) or from knowledge of the duration 
of a sample (for example 32 ms for an AC-3 audio frame 
according to a sampling frequency at 48 KHZ, or 20 ms for 
audio conferencing), it is easy to know the number of ele 
ments 710 enabling the retransmission of the lost data on the 
Internet without interruption (or absence of data to be read) in 
the extraction of data from the storage means 423 by the 
module 424. 
0226 Quite particularly, the following information ele 
ments are extracted from the analysis of the filling of the 
storage means 423: 

0227 the useful filling of the storage means 423 with 
the value “Tpayload' (in terms of numbers of elements 
710 having available a virtual channel element 720 
called CB0 type) and referenced 750; 

0228 going beyond (or overflow of) the global filling 
“AT” (referenced 754) relative to the nominal value (in 
numbers of elements 710) and individual value for each 
TCP carrier 100A and UDP carrier 100B. The global 
overflow AT is the difference between the exploitable 
data (“Tpayload') present in the storage means 423 and 
the nominal value (“Tname), the overflow of filling of 
the TCP carrier (AT TCP) is the difference between the 
data present coming from the TCP carrier present in the 
storage means 423 and the nominal value (Tname’), 
and the overflow offiling of the UDP carrier (AT UDP) 
is the difference between the present data coming from 
the UDP carrier present in the storage means 423 and the 
nominal value (“Tname'). It can further be noted that the 
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maximum number of elements 710 (denoted “Tmax'. 
referenced 755) corresponds to the value “Tname” to 
which the greatest number of values between the over 
flow of filling of the TCP carrier (AT TCP) and that of 
UDP carrier (AT UDP) is added. 

0229 the rate of loss “Pi for each of the channel ele 
ments 720 of the elements (or nodes) 710 included in the 
nominal filling Zone. 

0230. The different possible cases of filling of the storage 
423 will be examined here below with reference to FIG.8 (the 
example of arrangement of the values 750, 754 and 755 of 
FIG. 7 would correspond to the cases (A) or (B) presented on 
FIG. 8). 
0231. The report sender 4242 is in charge of retrieving 
these values and of transmitting them on a return channel 430 
to the module 410 so that this module can, using the decision 
engine 412, implement its algorithm for routing (or Switch 
ing) the “data' channels on the carriers of the tunnel. Thus, 
the routing (or Switching) of the applications channels 
according to the invention is linked in a control loop with the 
difficulties encountered and/or anticipated by the tunnel end 
point (such as the module 420) which is the intended recipient 
of the applications stream 401. 
0232. The algorithm implemented by this report sender 
4242 is described in greater detail here below with reference 
to FIG.8. 

0233. The information return channel 430 can be formed 
without distinction: 

0234 through a new dedicated carrier of the tunnel in 
the direction going from the module 420 to the module 
410; or 

0235 through the use of the return channel of a two-way 
carrier of the tunnel already open for the transfer of data 
from the module 410 to the module 420 (for example the 
TCP carrier 100A); or 

0236 by a control session for the tunnel according to 
the protocol of the tunnel (for example according to the 
L2TP protocol). 

0237. In order to maximize extensibility in the L2TP pro 
tocol, a method of uniform encoding of the control and data 
elements is proposed by this protocol and is called 'Attribute 
Value Pair' (AVP). This AVP structure consists of an asso 
ciation between a type of attribute and the value of this 
attribute, which may be usable for the transmission of any 
information between the two tunnel end-points. 
0238. Thus, the diagram 650 of the FIG. 6b shows an 
example of AVP structure 650 according to L2TP protocol to 
send a list of statistics read for the filling of the storage 423 at 
the remote tunnel end-point. 
0239. The header 651 is classic and an attribute code must 
be chosen so that the destination tunnel end-point recognizes 
the type of structure sent. 
0240 Interms of payload data, it is possible to indicate the 
number of elements of statistics mentioned here above (num 
ber of entries) followed by the list of above-mentioned sta 
tistics. 
0241. According to one particular embodiment of the 
invention, this list is formed by the fill overflow values for the 
TCP carrier (AT TCP), fill overflow values for the UDP 
carrier (AT UDP) and the value 754 transmitted in the form 
of “comma-separated values” (CSV) according to the infor 
mation technology format open in text mode. This format has 
never truly been the object of a formal specification but the 
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RFC 4180 standard describes the most common formand sets 
up its MIME “text/csv type, registered with the IANA. 
0242. It could also equally well be replaced by an XML 
format for the requirements of the particular embodiment or 
any format adapted to the description of lists. 
0243 Once an element (or node) 710 has been used for the 
frame refresh unit 424, this element (or node) is eliminated 
from the storage 423. The following element (or node) 710 
will be the next one taken charge of for the subsequent part of 
the transmission of the stream 402. 
0244 FIG. 8 provides a schematic illustration of an algo 
rithm of the invention implemented in the report sender 4242 
of the tunnel end-point 102 for the sending of the reception 
report 650 to the information channel 430, intended for the 
tunnel end-point 101. 
0245. The report sender 4242 of the tunnel end-point 102 

is regularly activated in a step 800 for analysis of the filling of 
the storage means 423 and for obtaining information data 
elements to be reported to the decision engine 412 of the 
remote tunnel end-point. 
0246 A step 801 consists of the recomputation of the 
value "Tname” owing to the fluctuation of the mean RTT. 
0247 A step 802 consists in determining the number of 
exploitable data elements (denoted “Tpayload”) in the stor 
age means 423, i.e. the number of elements 710 having avail 
able both elements 720 corresponding to channels transmit 
ted through the TCP carrier including the element “CB0” 
(with QueueNB="TCP) and elements 720 corresponding to 
channels transmitted through the UDP carrier (with 
QueueNB=“UDP). 
0248. A following step 803 consists in determining the 
maximum number of elements 710 (denoted “Tmax' and 
referenced 755) contained in the storage means 423. It will be 
noted that “Tmax' may theoretically be equal to “Tpayload 
if there is no de-sequencing between the TCP and UDP car 
riers, but this case is rare. 
0249. A step 804 consists in computing the difference AT 
between the exploitable data (“Tpayload') present in the 
storage means 423 and the nominal value (“Tname'). 
(0250. In a step 805, if there is a sufficient number of 
exploitable data elements (with the test of the step 805 being 
positive), steps 806 and 807 are executed. This corresponds to 
the two cases of filling of the storage means 423 denoted (A) 
and (B) in FIG. 8. 
0251. In the step 806, an indication of losses read for the 
exploitable data is sought on the channels conveyed by the 
UDP carrier and included between the first element of the list 
and the element corresponding to the index “Tname'. For 
example, a value of a rate of loss “Pi' on a number of samples 
equal to the value Tname corresponds to the percentage of 
loss (or absence) of the data channel 720 indexed 'i'. For 
example, fora AC-3 audio multi-channel stream, the value P5 
(for the audio channel 5) would be 5% if the number of 
elements 710 in the time “Tname were to be 100 and if there 
were 5 elements 720 corresponding to the index of the chan 
nel 5 (ChannelNb=5) missing among the 100 elements 710. 
0252. In step the 807, a search is made for the de-sequenc 
ing (by extrapolation of the difference between the two pieces 
of information filling overflow) between the elements con 
veyed by the TCP carrier 100A and UDP carrier 100B relative 
to the nominal value Tname respectively denoted AT TCP 
and AT UDP. 
0253) If pieces of exploitable data are missing relative to 
the nominal instruction Tname (the test of the step 805 being 
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negative), steps 808 and 809 are executed. This corresponds 
to the two cases denoted (C) and (D) in FIG. 8. 
(0254. In the step 808, the differences AT TCP and 
AT UDP are computed for the cases (C) and (D). Typically, 
the test consists in looking at the element (or node) 710 
corresponding to Tmax (i.e. the last element of the Stringed 
list): if this element contains a channel element CB0 (con 
veyed by TCP), then the invention is in the case (D) and the 
following formula is applied: 

AT TCP=Thom-Timax 

AT UDP=Tiname-Tpayload 

0255 If not, we are in the case (C) and the following 
formula are applied: 

AT TCP=Tiname-Tpayload 

AT UDP=Thame-Tmax 

(0256 The step 809 is identical to the step 806 except that 
the search terminals are different (i.e. between 1 and Tpay 
load (case (D)) or between 1 and Tmax (case (C))). 
0257 And then in a step 810, the report sender 4242 is 
capable of sending a report on filling (or occupancy) of the 
storage 423 towards the remote tunnel end-point 101. 
0258 FIG. 9 is a schematic illustration of an algorithm 
implemented by the routing decision engine 412 of the tunnel 
end-point 101 for the channels of a multi-channel stream 401. 
(0259 A first step 900 is activated at the reception of a new 
information report 650 sent from the report sender 4242 of the 
remote tunnel end-point 102 through the information channel 
430. 
0260 According to a particular embodiment of the inven 
tion, a storage of the previous report is done so as not to apply 
numerous corrective measures for a phenomenon that has 
already been reported beforehand. 
0261. In a step 901, the routing table pertaining to the 
multi-channel stream 401 is obtained from a local read-only 
memory at the tunnel end-point 101 (described in more ample 
detail with reference to FIG. 10). 
0262. A default table may be associated for each type of 
format conveyed in the stream 401. For example, if the multi 
channel multimedia content is in the AC-3 audio format, the 
routing table may be the table 980 of FIG. 9. This table 
indicates a distribution in percentage of each of the 6 data 
channels 553 (previously identified as “ABi’ for the example 
of the AC-3 stream of FIG. 5) on either one of the carriers of 
the tunnel (TCP 100A or UDP 100B). 
0263. If, for an audio channel, there is a non-zero value of 
distribution for each carrier, it means that the data of this 
audio channel is distributed on the two carriers (or even 
transmitted as a duplicate if the Sum of the values is greater 
than 100%, as is the case for example for the first channel 
“Ch1 of the table 980). According to one particular embodi 
ment of the invention, the table 980 has an associated behav 
ior for the distribution of the data on the two carriers (for 
example a channel having 50/50 may have an instructed value 
or set value of behavior of “one in two”, i.e. that one piece of 
data in two is transmitted on TCP and the other on UDP). 
0264. The “virtual data channels, denoted “CB0', are 
always transmitted at least on the TCP carrier. 
0265 A step 902 is used to make a check to see if the 
storage information 423 has not received a number of exploit 
able data samples (the information AT 754 is positive) greater 
than the nominal filling of this storage means 423. 
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0266. If the storage means 423 has received a number of 
exploitable data samples (with the information AT 754 being 
positive) greater than the nominal filling rate, the set of steps 
910 to 915 is executed. 

0267 If there are too many data elements received for the 
elements transmitted on the TCP carrier (with the test 910 
being positive, i.e. AT TCP is appreciably greater than 
AT UDP (for example 20% greater), corresponding to the 
CaSC of FIG. 8), then a step 911 is used to compute the 
number of channel data elements to be transferred from the 
UDP carrier to the TCP carrier. This makes it possible to 
obtain the benefit of a TCP carrier presently having high 
performance characteristics (with few retransmissions) so 
that additional ABi data channels are added to it. The inven 
tion also reduces the average number of samples of frames 
550 but these samples are more complete (i.e. they contain 
more channel elements 553). Thus, in deciding for example to 
take only half of the difference of the number of samples 
between TCP and UDP: 

t=(AT TCP-AT UDP)/2 

0268 And in obtaining knowledge, through the present 
routing (or switching) table of the number N of channels for 
the conveyance through the UDP (N is the pro rata value of 
channels transmitted on UDP for a frame 550), we obtain a 
number of channels C (C=tN) to be diverted from the UDP 
carrier to the TCP carrier. 

0269. In a step 912, the number of channels C to B diverted 
from the carrier UDP to the carrier TCP is selected. Any 
selection algorithm can be envisaged (involving the uniform 
distribution among channels or priority selection of the most 
important channels). For example, for the AC-3 audio format, 
in one “home cinema' type application, the stereo channels 
will be preferred to the rear channels. Preferably, the channels 
selected will be the channels based on the "Pi' loss informa 
tion received (in general, these are channels with the greatest 
loss). 
0270. The routing (or switching) table is then updated in a 
step 950. 
(0271) If the test of the step 910 is negative, then a step 913 
is used to test for excessive data received for the elements 
transmitted on the UDP carrier (i.e. AT UDP is appreciably 
greater than AT TCP (for example 20% greater), correspond 
ing to the case (A) of FIG. 8). 
0272. If this is the case, a step 914 is used to reduce the 
sending of data on the UDP carrier in order to allow time for 
the data sent on the carrier TCP to reach the destination tunnel 
end-point. 
(0273. If the test of the step 913 is negative, this corre 
sponds to an excessively fast operation of sending on the two 
carriers at the same time, bringing the storage means 423 to 
saturation. Then, in a step 915, the total sending bit rate is 
reduced so as not to congest the storage means 423. 
0274. In both cases, the routing table is then updated in a 
step 950. 
0275 If the storage means 423 is not over-occupied (the 

test of the step 902 is negative), a check is made (test 903) to 
see if the storage means 423 is not under-occupied: i.e. if there 
are not far too many data elements missing (for example the 
exploitable data elements fill less than 90% of the storage 
means 423). 
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0276. If the storage means 423 is under-occupied (i.e. the 
test of the step 903 is positive), then a set of steps 920 to 923 
is executed in order to know the causes of this under-occupa 
tion. 

(0277. In a step 920, the transmission capacities of the TCP 
carrier are obtained by obtaining the value of the congestion 
window commonly called CWND (size of the sending 
memory in bytes) and a statistic on the status of the TCP 
connection (typically according to the TCP standard, in a 
“slow-start period indicating a start or resumption after con 
gestion of the connection, or according to the “congestion 
avoidance' mode in normal lossless operation. 
(0278 A step 921 is used to determine whether there is 
congestion on the TCP carrier (for example by analysis of the 
re-transmissions made on the TCP carrier). 
0279 If congestion takes place on TCP (step 921), a step 
922 diverts the channels 553 of the TCP carrier to the UDP 
carrier. On the basis of the available sending capacity accord 
ing to the piece of information on CWND and the individual 
size of each element 553, the maximum number of elements 
553 that can be sent is known. According to the same criteria 
of importance of the channels of the application streams as 
those cited in the step 912, the channels to be sent on the UDP 
carrier (hence to be sent in non-reliable mode) are chosen. 
Since the setting up of the TCP connection on the WAN 
section takes time (as a function of the RTT between the two 
remote networks), the routing (or switching) table 980 can 
here too be updated because the situation is lasting. 
0280. If the rate of loss Pi is great (above a predetermined 
threshold), it may become necessary to no longer convey 
some of the channels on the tunnel (for example the lower 
priority channels 5 or 6 whose routing table would indicate 
0% for TCP and 60% for UDP: it is chosen to lose 40% of the 
data of these channels 553). 
0281. If there is no congestion on the TCP carrier, the step 
923 will consist in preserving the default routing of the chan 
nels on TCP and in duplicating certain of these channels (a 
selection identical to the step 922) on the UDP carrier. For, in 
principle, sending on the UDP carrier is faster and may make 
it possible to gradually compensate for the lack of data 
present in the storage means 423. 
0282) If the number of exploitable elements 710 is accu 
rate (with proper filling of information coming from the TCP 
carrier according to the nominal filling desired) in the storage 
means 423 (test 903 negative), it means that the pieces of data 
conveyed by the TCP carrier are transmitted in a manner 
Suited to the current transmission situation. 

0283. Then, a step 904 is used to make a check to find out 
if the data conveyed through the UDP carrier are also properly 
transmitted. 
0284 Thus, an under-loading of the UDP carrier (positive 
test at the step 904) reveals a rate of information greater than 
here above. This is why, in a step 908, an attempt is made 
within the limits of the possibilities of transport of the TCP 
carrier (i.e. its CWND window) to divert the channels most 
affected by losses (Pi information) on the TCP carrier. 
0285 If the test of the step 904 is negative, then this is a 
case pointing to efficient global transmission (on both carriers 
of the tunnel) and there is no need for corrective action on the 
routing table 980. 
0286. In this case, a step 905 is used to check on whether 
the channels 553 had preliminarily been omitted from the 
transmission to the remote tunnel end-point. 
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0287. If this is the case, a step 907 gradually re-inserts 
these omitted channels on both carriers according to their 
degree of criticality (in principle, there is a majority only of 
non-priority applications channels which have not been trans 
mitted and hence the re-insertion is done on the UDP carrier). 
0288 If not, in a step 906, channels are gradually diverted 
from the UDP carrier to the TCP carrier in order to achieve the 
maximum loading of the TCP carrier which provides for a 
reliable transport of the data, and does so until a Subsequent 
report provides warning of a possible overloading of the TCP 
carrier. 
0289 FIG. 10 schematically illustrates a device according 

to a particular embodiment of the invention. 
0290 An apparatus implementing the invention is for 
example a generic communications device 1000. 
0291 For example, the tunnel end-point 101 or 102 men 
tioned here above with reference to FIG. 1 is identical to the 
generic device 1000. 
0292. This generic device 1000 may be connected in par 

ticular to any means for the storage of images, videos or Sound 
connected to a graphic card and delivering multimedia data to 
the generic device 1000. 
0293 Thus, the generic device 1000 has a communica 
tions bus 1002 to which the following are connected: 

0294 a central processing unit 1003 (for example a 
microprocessor referenced CPU or central processing 
unit); 

0295) a read-only memory 1004 referenced ROM that 
could comprise the above-mentioned software program 
or programs and is referenced Prog: 

0296 a random-access memory 1006 (cache memory 
referenced RAM) comprising registers Suited to record 
ing variables and parameters created and modified in the 
course of execution by the above-mentioned software 
program or programs: 

0297 a communications interface 1018 linked to at 
least two communications networks 1020, for example 
the local network 103/104 and the Internet 107, the 
interface being capable of transmitting and receiving 
data with these networks. 

0298. The generic device 1000 also has the following (but 
this is optional): 

0299 a screen 1008 used to view the data and/or serve 
as a graphic user interface with the network administra 
tor which could interact with the programs according to 
the invention using a keyboard 1010 or any other means 
Such as a pointing device, for example a mouse 1011 or 
an optical pen or light pen; 

0300 a hard disk drive 1012 capable of comprising the 
program or programs “Prog': 

0301 The communications bus 1002 enables communi 
cations and interoperability between the different means 
included in the generic device 1000 or connected to this 
device. 
0302 More generally, through the communications bus 
1002, the central processing unit 1003 can communicate 
instructions to any device included in the generic device 1000 
directly or by means of another device of the generic device 
1OOO. 

0303. The executable code of each of the software pro 
grams mentioned here above enabling the generic device 
1000 to implement the method can be stored for example in 
the hard disk drive 1012 or in the read-only memory 1004. 
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0304. The central processing unit 1003 controls and 
directs the execution of the instructions orportions of execut 
able code of the program or programs according to the inven 
tion. When the equipment is powered on, the program or 
programs which are stored in a non-volatile memory (for 
example the hard disk drive 1012 or the read-only memory 
1004) are transferred to the random-access memory 1006, 
which will then contain the executable code of the software 
program or programs of the invention, as well as registers to 
memorize the variables and parameters needed to implement 
the methods according to the invention. 
0305. It should be noted that the communications appara 
tus comprising the device according to the invention can also 
be a programmed apparatus. This apparatus then contains the 
code of the computer program or programs, for example 
hard-wired into an applications-specific integrated circuit 
(ASIC). 
0306. It should be noted that the invention is not limited to 
a purely hardware implantation but that it can also be imple 
mented in the form of a sequence of instructions of a com 
puter program or any other form combining a hardware part 
and a software part. Should the invention be implanted par 
tially or totally in Software form, the corresponding sequence 
of instructions could be stored in a detachable storage means 
(such as for example a floppy, a CD-ROM or a DVD-ROM) or 
in a non-detachable storage means, this storage means being 
partially or totally readable by a computer or a microproces 
SO. 

1. A method of transmitting a multi-channel data stream 
comprising frames comprising a plurality of channels, the 
transmitting being done via a multi-transport tunnel from a 
first tunnel end-point to a second tunnel end-point, said tunnel 
implementing a first carrier Supporting a transport protocol 
with acknowledgement and a second carrier Supporting a 
transport protocol without acknowledgement, 

wherein the first tunnel end-point performs steps, for a 
given frame of said stream, of: 
obtaining at least one piece of information on quantity of 

data of said multi-channel data stream received by the 
second tunnel end-point; 

routing the channels of a frame of said multi-channel 
data stream received by the first tunnel end-point to 
one of said carriers of the tunnel, as a function of said 
at least one piece of information obtained; 

Supplying one piece of synchronization information 
with said channels; 

transmitting to the second tunnel end-point each of the 
channels of said given frame via the carrier to which 
said channel has been routed as well as its supplied 
piece of synchronization information. 

2. The method according to claim 1, wherein the piece of 
information on synchronization Supplied with a channel is a 
piece of time-stamp information extracted from said multi 
channel data stream. 

3. The method according to claim 1, wherein the first tunnel 
end-point performs a step of: 

obtaining at least one piece of information on a piece of 
information on congestion of the first carrier; 

and in that said step of routing each of the channels is also 
performed as a function of said piece of information on 
congestion obtained. 

4. The method according to claim 1, wherein said piece of 
information or said pieces of information on quantities of data 
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of said multi-channel data stream received by the second 
tunnel end-point belongs or belong to the group comprising: 

information on a filing of a reception buffer included in 
said second tunnel end-point; 

information on a data loss rate of said stream transmitted on 
said at least one second carrier. 

5. The method according to claim 4, wherein the pieces of 
information on a filing of a reception buffer belong to the 
group comprising: 

a first piece of information on difference between an 
instantaneous filling value and a reference filling value, 
the filling referring to a part of said reception buffer for 
receiving data from the first carrier; 

a second piece of information on difference between an 
instantaneous filling value and a reference filling value, 
the filling referring to a part of said reception buffer for 
receiving data from the second carrier, 

a third piece of information on difference between a num 
ber of pieces of payload data of said multi-channel data 
stream and a reference filling value, a piece of payload 
data being a frame having available channels present in 
a part of said reception buffer for receiving data from the 
first carrier as well as channels present in a part of said 
reception buffer for receiving data from the second car 
rier. 

6. The method according to claim 5, wherein it comprises 
a step among the group of steps of: 

routing to the first carrier of a number of channels of a 
current frame greater than a number of channels of a 
previous frame routed to said first carrier, if the third 
piece of information on difference is positive and if the 
first piece of information on difference is greater by at 
least one first predetermined divergence than the second 
piece of information on difference; 

routing certain channels of a current frame to none of said 
first and second carriers, if the third piece of information 
on difference is positive and if the first piece of informa 
tion on difference is not greater by at least said first 
predetermined divergence than the second piece of 
information on distance; 

routing a number of channels of a current frame to the first 
carrier, this number being Smaller than a number of 
channels of a previous frame routed to said first carrier, 
if the third piece of information on difference is nega 
tive, if the first piece of information on difference is 
greater than a predefined portion of said reference value 
and if a congestion of the first carrier is detected; 

routing channels of a current frame, which were routed for 
a previous frame solely to said first carrier, to the first and 
second carriers, if the third piece of information on 
difference is negative, if the first piece of information on 
difference is greater than a predefined portion of said 
reference value and if no congestion of the first carrier is 
detected; 

routing a number of channels of a current frame to the first 
carrier that is greater than a number of channels of a 
previous frame routed to said first carriers if the third 
piece of information on difference is negative and if the 
second piece of information on difference is greater than 
a predefined portion of said reference value. 

7. The method according to claim 1, wherein the first tunnel 
end-point performs a step of: 

associating a piece of priority information with each of the 
channels as a function of a predetermined profile of an 
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application conveyed by said stream, said step of routing 
each of the channels being also performed as a function 
of pieces of priority information associated with the 
channels. 

8. Computer-readable storage means, storing a set of 
instructions that can be executed by a computer to implement 
a method of transmitting a multi-channel data stream com 
prising frames comprising a plurality of channels, the trans 
mitting being done via a multi-transport tunnel from a first 
tunnel end-point to a second tunnel end-point, said tunnel 
implementing a first carrier Supporting a transport protocol 
with acknowledgement and a second carrier Supporting a 
transport protocol without acknowledgement, 

wherein the first tunnel end-point performs steps, for a 
given frame of said stream, of: 
obtaining at least one piece of information on quantities 

of data of said multi-channel data stream received by 
the second tunnel end-point; 

routing the channels of a frame of said multi-channel 
data stream received by the first tunnel end-point to 
one of said carriers of the tunnel, as a function of said 
at one least piece of information obtained; 

Supplying one piece of synchronization information 
with said channels; 

transmitting to the second tunnel end-point each of the 
channels of said given frame via the carrier to which 
said channel has been routed as well as their associ 
ated piece of synchronization information. 

9. A first tunnel end-point participating in a transmission of 
a multi-channel data stream comprising frames comprising a 
plurality of channels, the transmission being done via a multi 
transport tunnel from a first tunnel end-point to a second 
tunnel end-point, said tunnel implementing a first carrier 
Supporting a transport protocol with acknowledgment and a 
second carrier Supporting a transport protocol without 
acknowledgment, 

wherein said first tunnel end-point comprises: 
means for obtaining at least one piece of information on 

quantities of data of said multi-channel data stream 
received by the second tunnel end-point; 

means for routing said channels of a frame of said multi 
channel data stream received by the first tunnel end 
point to the of said carriers of the tunnel, as a function 
of said at least one piece of information obtained; 

means for Supplying one piece of synchronization infor 
mation with said channels; 

means for transmitting to the second tunnel end-point 
each of the channels of said given frame via the carrier 
to which said channel has been routed as well as its 
Supplied piece of synchronization information. 

10. The first tunnel end-point according to claim 9, wherein 
the piece of information on synchronization Supplied with a 
channel is a piece of time-stamp information extracted from 
said multi-channel data stream. 

11. The first tunnel end-point according to claim 9, wherein 
it comprises means for obtaining at least one piece of infor 
mation on a piece of congestion information of the first car 
rier. 

12. The first tunnel end-point according to claim 9, wherein 
said piece of information or said pieces of information on 
quantities of data of said multi-channel data stream received 
by the second tunnel end-point belongs or belong to the group 
comprising: 
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pieces of information on a filing of a reception buffer 
included in said second tunnel end-point; 

pieces of information on a data loss rate of said stream 
transmitted on said at least one second carrier. 

13. The first tunnel end-point according to claim 12, 
wherein the pieces of information on a filing of a reception 
buffer belong to the group comprising: 

a first piece of information on difference between an 
instantaneous filling value and a reference filling value, 
the filling referring to a part of said reception buffer for 
receiving data from the first carrier; 

a second piece of information on difference between an 
instantaneous filling value and a reference filling value, 
the filling referring to a part of said reception buffer for 
receiving data from the second carrier, 
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a third piece of information on difference between a num 
ber of pieces of payload data of said multi-channel data 
stream and a reference filling value, a piece of payload 
data being a frame having available channels present in 
a part of said reception buffer for receiving data from the 
first carrier as well as channels present in a part of said 
reception buffer for receiving data from the second car 
1. 

14. The first tunnel end-point according to claim 9, wherein 
it comprises means for associating a piece of priority infor 
mation with each of the channels as a function of a predeter 
mined profile of an application conveyed by said stream, and 
in that said means for routing each of the channels also per 
formed as a function of pieces of priority information asso 
ciated with the channels. 

c c c c c 


